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ABSTRACT
Hardware channel simulators are desirable to test base-
band processing units for performance analysis, and also
for system design and verification. Here we present a
narrow band channel simulator implemented on a Texas
Instruments C6713 floating point Digital Signal Processor
and a National Instruments PCIe-6259 multi channel card.
The implementation methodologies, strategies and models
suitable for finite precision data representation and the
related hardware and software are discussed. The
mathematical and statistical models used to implement the
channels are also presented. We implement various
channel models for narrowband applications with
bandwidths varying from 4 kHz to 1 MHz in base-band.
Finally, we present some real world experimental data
using the hardware channel simulator, and verify the
results.
1. INTRODUCTION
Analysis of wireless channels and modeling, have been
looked into in great depth, to study the way signals fade in
wireless transmissions. In a communication Engineer's
point of view, it needs to be known what are the relative
signal loss, frequency drifts, timing slips and phase
variations of a signal when transmitted through a wireless
channel. Wireless channels mainly vary with the
geographical structures and sites, weather conditions and
mobility of the transmitter with respect to the receiver.
Researchers model such channels statistically and
characterize them depending on how severe the fading
effects are on the signal. In a (transceiver) design
Engineer's perspective, it is desirable to test their
transmitter and receiver designs to determine the
performance prior to building prototypes or
manufacturing. Therefore, we implement a channel
simulator in hardware using the existing statistical models
to test base-band transmitters and receivers on their
performances. The hardware implemented channel
simulator takes in the output signal from the transmitter
and passes through the desired channel model before
feeding the receiver with its output signal. The models can
be selected by the user using a user friendly software
interface, and also can vary the channel parameters
appropriately. In the subsequent sections we give an
introduction to the statistical channel models, the
hardware platform and the implementation algorithms in
software and its issues. Finally, we present some
experimental results. The channel simulator can be easily
extended to any other hardware platform targeted using a
software locally.
2. STATISTICAL CHANNEL MODELS
The statistical characteristics of a fading channel can be
modeled using various probability density functions (pdf).
The transmitter and the receiver are usually surrounded by
objects which reflect and scatter signals. For a large
number of such objects, we can apply the central limit
theorem to model the channel impulse response h(t, z) as a
complex Gaussian random process [1].
2.1. Rayleigh Distribution
If h(t, z) has a mean of zero, the envelope of the channel
impulse response at time tfollows a Rayleigh distribution
and the phase follows a Uniform distribution. That is, the
envelope of h(t, z),
RA= bh(tT)
has the padf given by
fJ(r) = e-r2/ r>0
(1)
(2)
where Q = E(r2). The Rayleigh distribution is
characterized by this single parameter. For the frequency-
non-selective fading channel, the envelope of the channel
would be a multiplicative gain on the transmitted signal
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(9). For the frequency selective fading channel, each of
the tap gains an(t) (10) has a magnitude that can be
modeled as a Rayleigh fading process.
2.2. Nakagami-m Distribution
The Nakagami distribution (m-distribution) is a versatile
statistical distribution which can accurately model a
variety of fading environments. It has greater flexibility in
matching some empirical data than the Rayleigh,
lognormal or Rice distributions owing to its
characterization of the received signal as the sum of
vectors with random moduli and random phases. It also
includes the Rayleigh and the one-sided Gaussian
distributions as special cases. Moreover, the m-
distribution can closely approximate the Rice distribution.
The Nakagami-m pdf is given by,
f(r( ) 'U r >0 (3)
whiee, the parameterer t is defined as the rati of moluents,
called the fading figure,
11f1fl
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3. OTHER IMPORTANT PARAMETERS TO
SIMULATE A WIRELESS CHANNEL
3.1. Doppler Spectrum
When a mobile moves at a certain velocity, as distance
between the transmitter and receiver changes, the Doppler
effect results in a change of the apparent frequency of the
arriving wave. The amount of this change is known as the
Doppler shift. The maximum Doppler shiftfd is given by,
if~
where, v is the velocity of the mobile, fc is the
communication frequency and cis the velocity of light.
3.2. Flat Fading
We define the time-varying transfer function of the
channel as,
H(f t) f/(t T) JfT dT (7)
Usin;g tllis, the chlanel output ifr a banlimited irpt signal
x(t) can be expressed as
/ \ \ r 2 fTtg,=~~ (f{t)X (f)Se-I -dfhi e \ fJ .. (8)
2.3. Rice Distribution
The Rice distribution is used to characterize the signal in a
line-of-sight (LOS) channel. The received signal consists
of a multipath component, whose amplitude is described
by the Rayleigh distribution, and a LOS component (also
called the specular component) which has constant power.
The pdf for the Rice distribution is given by,
r~ 2 2!c2 r2r -(r'+s b K) (5)
where, s2 represents the power in the non-fading
(specular) signal components and C02 is the variance of the
corresponding zero-mean Gaussian components. If s is
zero, this reduces to the Rayleigh pdf.
2.4. Lognormal Distribution
For a transmitter-receiver separation, the random
shadowing effect due to different clutter caused by
different propagation path is modeled as a log-normal
random process [5].
:f = 1 ( 2 2`
~~ - (~~Xj) ~~ 2o7'(In /12-)2) O (6
where, pt E R and cG> 0. The shadowing effect then
would be an additive Gaussian process to the signal
envelope in dB.
where, f, denotes the frequency range over which X(f) is
not zero. If the bandwidth of the signal is much less than
the coherence bandwidth of the channel, H(ft) does not
change appreciably over the integration interval above. In
other words, all the frequency components of x(t) are
subject to the same attenuation and phase shift in
transmission through the channel. Such a channel is called
frequency-nonselective, narrowband or flat fading. The
effect of the channel on the signal is thus multiplicative
and the channel output is given by,
(9)
where a(t) is the complex fading coefficient at time t.
3.3. Frequency-Selective Fading
When considering mobile/wireless systems for voice and
low-bit-rate data applications, it is customary to use
narrow band channels. But the wideband mobile radio
channel has assumed increasing importance in recent
years as the emergence of data rates to support multimedia
services.
When the transmitted signal has a bandwidth greater than
the coherence bandwidth of the channel, the signal suffers
frequency-selective fading. Such channels also include
time-selective fading. The standard model for wideband
channel models is a tapped-delay line with complex-
y (t) = a (t)x (t)
valued, time-varying tap gains. In the most general model,
we have,
hiT) - Za(t)A'f-(t T(tJ (10)
The tap gains an(t) are usually modeled as stationary
mutually uncorrelated random processes having not-
necessarily identical autocorrelation functions and
Doppler power spectra. Thus each resolvable multipath
component may be modelled with its own appropriate
Doppler power spectrum and corresponding Doppler
spread.
4. HARDWARE PLATFORM
The hardware modules used to implement the channels
are described in the following sections. Two hardware
systems are used for the implementation to serve different
purposes.
4.1. TI's Digital Signal Processor Board
The first is a Texas Instrument's (TI) C6713 floating point
based Digital Signal Processor (DSP) [6-7] with onboard
memory and an analog interface card. The development
board powered by 5volts power supply including the
16MB onboard RAM, 256KB of Flash memory is
manufactured by "Spectrum Digital". An audio codec
chip AIC23 [9] from "Analog Devices" interfaces the
board to the analog world. The DSP is clocked at a speed
of 225MHz with two arithmetic and logical units (ALU),
and eight functional units each allowing 1800 million
instructions per second (MIPS). The development board is
supported by the software called "Code Composer Studio
(CCS)" developed by TI. The CCS [8] uses the Joint
Target Action Group (JTAG) USB based interface to
target the board from a host PC. The onboard chips,
peripherals, interfaces and switches are all controllable
though the CCS. The CCS contains board support
libraries
(BSL) and chip support libraries (CSL) to make the
development process easier to the user. Fig.1 depicts the
block diagram of the hardware module on the DSP
development board. The audio codec is interfaced with
the Multichannel Buffered Serial Port (McBSP). Two
McBSPs exist, where McBSP0 is used for controlling and
setting up the codec and McBSP1 is used for the data
transfer from and to the codec. The memory units are
interfaced with the Enhanced Memory Interface units or
the EMIFs. Other than the above mentioned modules the
development board also contains, an external JTAG
interface, four software controllable dip switches and light
emitting diodes, memory expansion unit, peripheral
expansion unit and a host port interface to target similar
type boards operating as slaves. The onboard flash
memory and the CPLD units allow the board to operate on
stand-alone modes without the host PC. This being the
main reason for using the DSP board when compared to
the other hardware module which we describe in the later
sections. The stand-alone design allows us to have
mobility when using the channel simulator.
I I II - Host PC connection
I3 T4 1 6 12 - DC power connection
I3 - Line-in
C1 -MG interface I4 - Microphone-in
C2 - McBSP interface 1 - Line-out
C3 E Hea*hone-out
Fig. 1. C6713 DSP based hardware platform.
4.2. AIC23 Codec
The audio codec unit on the development board does the
analog to digital (ADC) and digital to analog (DAC)
conversions of the in and out signals respectively. The
ADC and the DAC are interfaced with four 3.5mm audio
pins to the external world capable of handling a max of 6v
peak to peak. The chip also contains the necessary
filtering blocks to reconstruct the analog signal in the
output path. A 12MHz clock is used to feed the DAC and
the ADC to achieve sampling frequencies varying from
8kHz to a maximum of 96kHz. Therefore, the maximum
available bandwidth of the system is 48kHz, which is the
major limitation of the DSP hardware, and hence we
consider the alternative hardware platform giving broader
base-band frequency range described in later sections. In
order to improve the signal to noise ratio the codec chip
also performs delta modulation on the received samples
by doing up-sampling and down sampling processes
before converting it to bits represented in 2s complement
format. Hardware interrupts are used by the DSP or the
Enhanced Direct Memory Access (EDMA) to transfer
data from and to the audio codec to and from the memory.
4.3. NI's Multi-channel Acquisition Board
The second hardware module we use is the National
Instrument's (NI) PCIe-6259 multi-channel card. The card
is targeted using a 200Mbps PCI interface with the
software called Labview (Developed by NI). The multi-
channel card has 4-Analog outputs at 16 bits with a single
channel sampling frequency of 2.86Msps, and 32-Analog
inputs at 16 bits with a single channel sampling frequency
of 1.25Msps. The purpose of using this card, as an
alternative to the DSP board, is to achieve wider band
width. The multi-channel card is less tedious in terms of
house keeping and control when compared to the DSP
board, and is not capable of operating in standalone mode
unlike the DSP board. The card has a timing accuracy of
50ppm of the sampling rate and a timing resolution of
50nsec.
5. IMPLEMENTATION OF THE CHANNEL
MODELS
The channel models are implemented in the hardware
exploiting the white Gaussian random process
approximated by a sum of sinusoids with random phase
angle [2].
5.1. Gaussian Random Process
We assume each of the independent fading waveform is
composed of Nsinusoids, denoted by T(t),
N-1
T(t) ...W
n=_
where, Cn, w), and q'n represent the amplitude, frequency,
and uniformly distributed random phase of the nth
complex sinusoid. The above requires N-1 loops with
several multiplicative and additional operations. When
implemented on the DSP we utilize the parallel functional
units in the ALU to generate the signal. However, we
need to make sure that the total number of operations does
not exceed the available CPU cycles between receiving
two successive samples.
5.2. Rayleigh fading
Referring to the Jakes fading model, which is
characterized by N incident rays with equally spaced
arrival angles around a moving receiver of velocity v, 60nk
is interpreted as the Doppler frequency shift introduced by
the nth incident wave and kth fading waveform, which can
be expressed as,
Wnk=kU=M CO ankX k = 01 1 2, AI - 1 (12)
Where w. = 27Tv A is t.e maximum Doppler fiequency
shift with A being the wavelength of the transmnitted camier
fieqencv and a,, k denotes the ?h anivat angle n the kth
fader.
'The k -tfi. fitding waveform then cart be wr'tten as,
Ik (\ti 1 k (t) + /JTQk(t (13)
where
N-1I
lic 2(CA ~~ (14)
N 1
IQA, 2( Ssi(tum COSan. r,t ± 6 (15)
-LQk = tU t
ng=O
are the inphase and the quadrature components of Tk(t),
respectively. In (13), the envelope of Tk(t) follows a
Rayleigh distribution and the phase qk follows a Uniform
distribution, i.e.
r = 21 I K(t)>\ (16)
5.3. Nakagami-m Fading Channels
A general method for generating an RV with continuous
cdf is the inverse transform method [3]. Compute the root
of F(x) = u, where u is a uniform distribution from 0 to
1.This method requires one to generate a uniform RV in
and solve. It can easily be shown that the distribution of
the root is F(x). There is no closed-form expression for
the inverse Nakagami-m CDF except for m= 1. Using
min-max error criterion, a general form of the inverse
CDF is obtained as:
4- \/In (18)
-1~~~p + a21tJ+2W+a3q37WaFka i 1 + bl2I/ + (131/ d9
where, each m has different values for a [aj,a2,a3], and
b=[bI,b2]. For example a=[0.189,-0.013,0.281],
b=[-0.081,0.064] and a=[0.602,-0.624,0.279],
b=[-1.18,0.373] for m= 2 and 5 respectively.
5.4. Rician Fading Channel
The Rice process has a LOS component and is given by
N-1
£eT = A, + C e(wJt+±7) (20)
The ewxelope r and phase are gix eby
T~(tQ
6=2 tanAi±+ ) 122)Ar. X
5.5. Log-Normal Fading Channel
The slow fading log-normal process is generated from a
non-linear transformation of a Gaussian random variable
with a mean of 0 and a variance of G2 [2], given by,
A4 = ap[]
The non-linear mathematical functions may be
implemented in DSP using the standard libraries or using
look-up table methods by reading from the memory.
(17)1 T. (t)0 = tan 31. (0
5.6. Land Mobile Satellite Fading Channel-LMS
The land mobile fading channel is generated by
combining the log-normal shadowing effect and the
Rayleigh fading models [2]. The LOS component is log-
normal shadowing and the fading component is Rayleigh.
(22.4)
where, l1,(t) and 11(t) are log normal processes and 12,(t)
and 12s(t) are Gaussian processes. Then the envelope of
A(t) simulates an LMS fading channel.
6. EXPERIMENTAL RESULTS
Here we present some of the experimental results obtained
from the hardware implemented channel simulator. We
transmit a single-tone signal through the channel
simulator and test and verify the resulting signal. Initially
we test the additive band limited Gaussian noise process
with uniform power spectral density (PSD). We do this by
looking at the PSD of the output signal from the channel
simulator for an input signal of 50 kHz. Fig.2 depicts the
results for a single-sided noise PSD of -30dBW/Hz over
1MHz of bandwidth, the figure shows a signal level
cursor (cursor-1) at -30dB verifying the uniform PSD of
the Gaussian noise captured using a digital scope.
introduced to the channel, the frequency selective fading
was also observed. These observations can be seen in
Fig.4 captured using the spectrum analyser.
to
t'rme indey.
Fig.3. Rayleigh fading Doppler channel, real world signal
captured using Labview, at fm=3000Hz, and fm=300Hz.
The time domain equivalence for the same is also depicted
in Fig.5 captured using the digital scope. In Fig.4, if we
observe the entire spectrum, we can see the multipath
effects causing frequency selective fading in the channel.
The statistical properties of the channel envelopes from
the hardware implemented channel simulator were also
tested. Again, Labview was used to acquire the hardware
generated channel envelopes and compared with the
theoretical distributions.
Fig.2. Output spectrum of the generated additive Gaussian
noise at NO = -3OdBW/Hz at a bandwidth of 1MHz.
Then we test the Rayleigh fading effects for the same
input signal. Fig.3 shows the fading channel envelope
with Doppler effects. The figure describes how the
envelope changes with rapid change in relative motion of
the receiver with respect to the transmitter resulting in a
Doppler frequency variation from 3kHz to 300Hz (ideal
change in velocity). When the 50 kHz input signal was
passed through the channel simulator, for the Rayleigh
fading Doppler case, we were able to observe the Doppler
spread on the output signal. Further, when multipath was
Fig.4. Fading channel spectrum for 50kHz single-tone
input, captured using digital scope at the simulator output.
Fig.6 shows the AGN following the Gaussian distribution
and Fig.7 shows the Rayleigh channel following its own
distribution as well. The pdf generated using the
experimental results from the hardware shows the effects
of finite precision in the DAC. To be precise this will
change the statistical properties of the generated signal,
however for the time being we ignore such effects and in
the future we propose to use hardware modules with
higher precisions e.g. 24 bit DACs.
A (t) = I I c (t) + 12c (t) + j (I'ls (t) + 12s (t) )
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Fig.5. Time domain fading of a 50kHz single-tone signal.
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Fig.6. AGN channel following the Gaussian curve.
7. CONCLUSION
A hardware implemented channel simulator was presented
here. The channel simulator is intended to be used for
testing base-band processing units for communications
transceiver design applications. Statistical models for the
wireless channels were used to implement the channel
models on the hardware using software. The channel
models were tested for their accuracies and verified in
terms of its electrical signal and statistical properties.
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